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[57] ABSTRACT 

A call announcement arrangement that obtains the call- 
ing party name from a database search and uses a text- 
to-speech unit to generate speech signals for transmis- 
sion to the called communication station. The calling 
party name is spoken at the station instead of being 
displayed. For a conventional analog station, the name 
is spoken after the called party has answered in response 
to ringing at the station but before a connection is com- 
pleted to the caller. The called party accepts the caller 
either by remaining off-hook or by transmitting a con- 
nection signal using, for example, flash or tone signal- 
ing. For other illustrative station equipment such as an 
ISDN speakerphone or a specially adapted analog 
speakerphbne, the calling party name is spoken before 
the called party answers in place of or in addition to 
normal ringing. Caller-identifying speech signal are also 
transmitted to a station determined to be busy to an- 
nounce the caller name for a call waiting call. 

26 Claims, 10 Drawing Sheets 
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CALL ANNOUNCEMENT ARRANGEMENT 

CROSS-REFERENCE TO RELATED 

APPLICATION 5 

This application is related to the application of J. R. 
Blakley entitled 'Telephone Station Sef \ Ser. No. 
07/230,281, filed August 8, 1988 and assigned to the 
assignee of the present invention. 

TECHNICAL FIELD 

This invention relates to telecommunication call pro- 
cessing. 

BACKGROUND AND PROBLEM 15 

As stored program-controlled switching systems 
have evolved, a wide variety of useful features have 
been developed to extend the communication capabilir 
ties such systems provide. Incoming calling line identifi- 
cation, a feature that displays the caller's number for 20 
incoming calls to a called customer station, allows se- 
lective acceptance of certain calls based on the calling 
number while other calls are either not answered or are 
routed to a message center. The feature is implemented 
by transmitting the calling line identification to the 25 
called customer station in a data message-^-for example, 
to an analog station during a silent interval between 
ringing or to an integrated services digital network 
(ISDN) station in the out-of-band D-channel used for 
call control signaling. Since customers typically remem- 30 
ber only a few, frequently called telephone numbers, a 
related feature that provides a display of the caller name 
is substantially more useful to customers in deciding 
whether to accept a call. With a known call waiting 
feature where a caller-identifying data message is trans- 35 
mitted out-of-band, as for an ISDN station, a customer 
already engaged in an ongoing telephone conversation 
is informed of the caller identity for a second call that is 
coming in. Although such features provide customers 
with much greater control over their telephone commu- 40 
nications, conventional analog stations, which represent 
a large majority of the customer stations in use today, 
are not equipped to either process or display data mes- 
sages. In addition, modification of the normal human 
response of answering a ringing telephone, such that a 45 
customer glances at a display to determine caller iden- 
tity before answering, is difficult, particularly for cus- 
tomers that use the features only infrequently. 

In view of the foregoing, recognized problems in the 
art include the substantial communication station cost 50 
and the difficult human factors associated with the im- 
plementation of caller-identification features using data 
messages and requiring an advanced station display. 

SOLUTION 55 

The foregoing problems are solved and a technical 
advance is achieved in accordance with the principles 
of the invention in an illustrative call announcement 
arrangement where, once the calling party name is 
obtained from a database search, a text-to-speech unit 60 
generates speech signals, rather than a data message, for 
transmission to the called communication station. The 
calling party name is spoken at the station instead of 
being displayed. For a conventional analog station, the 
name is spoken after the called party has answered in 65 
response to ringing at the station but before a connec- 
tion is completed to the caller. The called party accepts 
the call either by remaining off-hook or by transmitting 



a connection signal, using, for example, flash or tone 
signaling. For other illustrative station equipment such 
as an ISDN speakerphone or a specially adapted analog 
speakerphone, the calling party name is spoken before 
the called party answers in place of or in addition to 
normal ringing. Caller-identifying speech signals are 
also transmitted to a station determined to be busy to 
announce the caller name for a call waiting call 

A call from a calling communication station to a 
called communication station is processed in accor- 
dance with a method of the invention by first effecting 
a search for information associated with the calling 
station and thereafter transmitting speech signals, gen- 
erated from information obtained during the search, to 
the called station. 

Illustratively, the information obtained during the 
search could be text or recorded speech comprising, for 
example, a caller name and/or directory number, a 
privacy indicator, or a definition of the call as a toll calL 
The caller name may be selected from a personalized 
list of names, e.g., Mom, Grandpa Smith, etc., that the 
called customer has previously defined for use in an- 
nouncing frequent callers. A communication path is 
completed between the calling and called stations only 
after the transmission of call announcement speech 
signals has been initiated. If the called station transmits 
disconnect signaling in response to the announcement, 
speech signals representing call information, including 
the information obtained during the search, are trans- 
mitted to a message center. The speech signals assure 
that an accurate recording of, for example, caller identi- 
fication and time-of-call information, is made before a 
communication path is completed to the message center 
for a caller message. 

An improved call waiting feature is performed for a 
call from a calling communication station to a called 
communication, station in accordance with a method of 
the invention by first determining whether the called 
station is busy on a previous call. Speech signals are 
transmitted to the called station in response to a deter- 
mination that the called station is busy. 

Illustratively, for a conventional analog station, the 
communication path from the previous caller is discon- 
nected before the call announcement speech signals are 
transmitted. A communication path is again completed 
between the previous caller and the called station after 
speech signal transmission. If flash signaling is thereaf- 
ter received from the called station, the communication 
path from the previous caller is disconnected and a 
communication path is completed between the second 
caller and the called station. However, if a predefined 
time period expires without receiving flash signaling 
from the called station, speech signals representing call 
information are transmitted to a message center. A com- 
munication path is then completed from the second 
caller to the message center. 

For an ISDN speakerphone station, when it is deter- 
mined that the station is busy, the previous call need not 
be interrupted since the caller-identifying speech signals 
are transmitted on a communication path that is distinct 
from the path for the previous call. 

DRAWING DESCRIPTION 

FIG. 1 is a block diagram of a switching network 
configuration including an exemplary call announce- 
ment arrangement and illustrative communication sta- 
tions; 
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FIGS. 2-7 present a call processing flow chart illus- 
trating implementations of call announcement and im- 
proved call waiting features for a switch included in the 
configuration of FIG. 1; 

FIG. 8 is a flow chart of the feature activation/deac- 5 
tivation processing for the call announcement and im- ' 
proved call waiting features. of FIGS. 2-7; 

FIG. 9 is a block diagram of one of the communica- 
tion stations of FIG. 1-r^n ISDN speakerphone station 
with call announcement capability; 10 

FIG. 10 is a block diagram of a second communica- 
tion station of FIG. 1— ran analog speakerphone station 
specially adapted to have call announcement capability; 
and 

FIG. 11 is a waveform diagram for combined ringing 15 
and speech signals usable by the communication station 
of FIG. 10. 

DETAILED DESCRIPTION 

An exemplary call announcement arrangement is 20 
described herein in the context of the switching net- 
work configuration of FIG. 1, having two central office 
switches 100 and 200, an inter-switch signaling network 
300, eg., a CCS7 network, a listing database 400 ac- 
cessed via signaling network 300, and illustrative com- 25 
munication stations including conventional analog sta- 
tions 23 and 201, an integrated services digital network 
(ISDN) speakerphone station 11, and an analog speaker- 
phone station 21 that is specially adapted for providing 
call announcements. Switches 100 and 200 are intercon- 30 
nected.by a communication path 26 which may include 
intermediate switches. 

Illustratively, switch 100 is a distributed control, 
ISDN switching system such as the system disclosed in 
U.S. Pat No. 4,592,048 issued to M. W. Beckner et al. f 35 
on May 27, 1986. An integrated services digital network 
(ISDN) is defined as a network evolved from the tele- 
phony integrated digital network that provides end-to- 
end digital connectivity to support a wide range of 
services, including voice and non-voice services, to 40 
which users have access by a limited set of standard 
multipurpose customer interfaces. Switch 100 is con- 
nectable to analog and digital stations and inter-switch 
trunks. Switch 100 includes a number of switching mod- 
ules (SMs) each associated with a different subset of 45 
stations or trunks. Each switching module includes a 
control unit for controlling connections to and from its 
associated stations or trunks. Switching module 110, for 
example, includes control unit 111 for controlling con- 
nections to and from station 11. Similarly, switching 50 
module 120 includes control unit 121 for controlling 
connections to and from stations 21 and 23. 

Each ISDN station communicates with switch 100 in 
two 64 kilobits per second channels referred to as B- 
channels and in one 16 kilobits per second channel re- 55 
ferred to as a D-channel. Each of the B -channels is 
usable to convey digitized voice samples at the rate of 
8000, eight-bit samples per second or data at a rate of 64 
kilobits per second. The D-channel is used both to con- 
vey signaling packets to effect message signaling be- 60 
tween ISDN stations and switching module control 
units, and to convey data packets between different 
ISDN stations. 

In the present embodiment, information is conveyed 
between ISDN station 11 and switch 100 using a four- 65 
wire, digital subscriber line (DSL) 12 using one pair of 
wires for each direction of transmission. DSL 12 trans- 
mits a serial bit stream at the rate of 192 kilobits per 



second which comprises 144 kilobits per second for the 
above-mentioned two 64 kilobits per second B-channels 
and one 16-lriiobits per second D-channel and which 
further comprises 48 kilobits per second used for a num- 
ber of functions including framing, DC balancing, con- 
trol and maintenance. DSL 12 represents what is re- 
ferred to by the International Telegraph and Telephone 
Consultative Committee (CC1 11) as the T-interface. 
The use of the T-interface is only exemplary, however, 
as the invention is equally applicable to systems using 
other access methods. 

Signaling packets are conveyed between ISDN sta- 
tions and the switching module control units enclosed in 
level 2 (link-level) frames in accordance, for example, 
with the standard LAPD protocol. The exemplary 
signaling messages used for the control of circuit- 
switched voice calls are in accordance with CCITT 
recommendation Q.931. 

The architecture of switch 100 has communications 
module (CM) as a hub, with the switching modules 
(SMs) 110, 120, and 130, and an administrative module 
(AM) 160 emanating therefrom. Switching module 110 
includes an integrated, services line unit (ISLU) 112 
which terminates the digital subscriber lines, e.g., 12, 
and provides access to a time-slot interchange unit 
(TSIU) 113 and a packet switching unit (PSU) 114. 
TSIU 113 and PSU 114 respectively provide circuit- 
switched and packet-switched connections to and .from 
the associated station 11 under the control of control 
unit 111. Switching module 110 further includes a num- 
ber of text-to-speech units, e.g., 117, 118, for generating 
speech signals from text to provide call announcements 
in accordance with the invention and transmitting such 
speech signals via TSIU 113 and ISLU 112 to station 11. 
One illustrative tcxt-to-speech unit is the DECTALK 
DCT03 unit manufactured by Digital Equipment Cor- 
poration. Switching module 120 includes an analog line 
unit (ALU) 122 which terminates conventional analog 
lines, e.g., 22 and 24, and provides access to a TSIU 123. 
TSIU 123 provides circuit-switched connections to and 
from the associated stations 21 and 23 under the conrpl 
of control unit 121. Switching module 120 also includes 
a number of text-to-speech units, e.g., 127, 128. (Al- 
though in the present example, switch 100 has text-to- 
speech units associated with both switching modules 
110 and 120, units associated with a single switching 
module are usable by connection through communica- 
tions module 150 for stations served by other switching 
modules.) Switching module 130 is similar to switching 
modules 110 and 120 but, rather than line units, includes 
the appropriate analog or digital trunk unit (not shown) 
for interfacing with the outgoing trunk included in 
communication path 26 to switch 200. In an alternative 
embodiment (shown by dashed lines in FIG. 1), switch- 
ing module 130 accesses a listing database 500 via a 
digital X.25 trunk 25, rather than administrative module 
160 accessing listing database 400 via signaling network 
300. 

Communications module 150 includes a time-shared, 
space-division switch or time-multiplexed switch, that 
provides 64 kilobits per second circuit-switched paths 
between switching modules. It supports B-channel traf- 
fic between switching modules, as well as packet traffic 
between PSUs in different switching modules. The 
switching module control unit provides call processing 
and overall control and maintenance functions for the 
switching module. Switching module control units in 
different switching modules communicate with each 
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other and with the administrative module 160 through a is privacy protected, a message such as "unlisted name" 
message switch (not shown) in the communications is spoken to the caller. Distinctive alerting is used to 
module, using an internal message protocol The archi- differentiate between CA and conventional calls to a 
tecture provides flexibility in placing specific process- CA station- 
ing functions in specific processing elements. The gen- 5 Special CA stations, for example, stations 11 and 21, 
end strategy is to place much of the required processing are provided with a speaker attached to the line (or with 
capability in the switching module control units, but to ISDN, a B-channel). While an incoming call is ringing 
reserve the administrative module for those functions (or in place of ringing) the name of the caller is spoken 
that are inherently centralized. The call processing over the attached speaker. 

functions can for example be distributed in a number of 10 As an alternative, the CA feature may require the 
ways. In one alternative, most of the call processing active participation of the subscriber. When the sub- 
functions are placed in the switching module control scriber goes off-hook, before being connected to the 
units with routing, terminal hunting, and path hunt calling party, the subscriber station transmits DTMF or 
functions located in the administrative module. In an- flash signaling and then hears the spoken CPN. 
other alternative, all call processing functions are 15 If the subscriber does not answer or denies the CA 
placed in the switching module control units, with the call, the call is transferred to a message center (or voice 
administrative module reserved for truly administrative storage system) and a text-to-speech header message is 
processing. provided in conjunction with the caller's message to 
To complete the description of FIG. 1, switch 200 is assure an accurate caller name, caller number and time 
shown connected to a conventional analog station 201 20 stamp. 

used, for purposes of illustration, as the originating With the improved call waiting (ICW) feature, the 

station in the examples described herein. The architec- conventional call waiting tone is replaced with a text- 

ture of switch 200 and the types of stations served by . to-speech announcement of the CPN for the second 

switch 200 are not important to the present invention caller. 

and are not described further herein. 25 FIGS. 2-7 present a flow chart depicting processing 

The technological advances made in the field of text- of an incoming call by switch 100. Processing begins in 
to-speech processing, particularly those related to the decision block 701 (FIG. 2) where it is determined 
correct pronunciation of names, make two new fea- whether the called directory number (DN) belongs to a 
tures, referred to herein as call announcement (CA) and subscriber of a call announcement (CA) feature or ah 
improved call waiting (ICW), particularly desirable to 30 improved call waiting (ICW) feature. If a negative de- 
telephone customers served by switch 100. termination is made in block 701, conventional call 

When a call is directed to a CA subscriber and die processing treatment continues in block 703. If a posi- 

name of the calling party is available, distinctive alert- tive determination is made in block 701, processing 

ing is applied to the subscriber station. When the sub- continues with decision block 702, where it is deter- 

scriber goes off-hook, rather than connecting the call- 35 mined whether the terminating line is idle. If the termi- 

ing party to the subscriber, the name of the calling party nating line is busy, processing proceeds from block 702 

is spoken using text-to-speech and the called party then to decision block 705. In block 705, it is determined 

has the option of connecting to the calling party (by whether the called DN belongs to an ICW subscriber. If 

transmitting dual tone multi-frequency (DTMF) or the called DN does not belong to an ICW subscriber, 

flash signaling or by remaining off-hook for more than 40 conventional call processing treatment continues in 

a predefined time) or by hanging up without an indica- block 703. If the called DN does belong to an ICW 

tion being given to the calling party that the call was subscriber, processing proceeds from block 705 to block 

rejected. 706 wherein the improved call waiting processing is 

The called subscriber can transmit DTMF or flash initiated. If the terminating line is determined to be busy 
signaling during the announcement of the calling party 45 in block 702, processing continues with decision block 
name (CPN) and be immediately connected to the call- 704 where it is determined whether the called DN be- 
ing party. The calling party may deny forwarding of . longs to a CA subscriber. If not, conventional call pro- 
his/her name either with a one time service request or cessing treatment continues in block 703. If the called 
on a per call basis. The subscriber may activate or deac- DN belongs to a CA subscriber, processing proceeds 
tivate the service using feature codes entered from the 50 from block 704 to decision block 707 where it is deter- 
subscriber terminal keypad. mined whether the CA feature is enabled for the called 

From the network perspective, the service operates subscriber. If the CA feature is not enabled, conven- 

as follows. Originating switch 200 sends the calling line tional call processing treatment continues in block 703. 

identification (CLID) to the terminating switch 100 via If the CA feature is enabled, processing proceeds from 

signaling network 300, Terminating switch 100 deter- 55 block 707 to decision block 709 where it is determined 

mines that the called party is a CA subscriber and whether a calling line identification (CLID), typically 

launches a query to listing database 400 (or, alterna- the caller's DN, is available for the calL If the CLID is 

tively, listing database 500). Terminating switch 100 .not available, conventional call processing treatment 

originates a call to the CA subscriber, synthesizes the continues in block 703. If the CLID is available, pro- 

CPN and waits for a signal from the subscriber. The 60 cessing proceeds from block 709 to decision block 712 

CLID may be spoken with the CPN. When switch 100 where it is determined whether the CLID is privacy 

receives the connect signal from the subscriber, switch protected. If the CLID is privacy protected, conven? 

100 connects the calling party and the subscriber. tional call processing treatment continues in block 703. 

If the subscriber's line is busy, the calling party re- If the CLID is not privacy protected, processing pro- 

ceives a busy signal. If the CPN is not available, the 65 ceeds from block 712 to block 711 where the call an- 

CLID is spoken to the called subscriber. If neither the nouncement processing is initiated. 

CPN nor the CLID is available, other information (toll Call announcement processing begins with decision 

call, unlisted number) is spoken to the caller. If the line block 713 (FIG. 3) where it is determined whether the 
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call is a toll call without an available CLID. If a nega- 1) and the text-to-speech unit is. thereafter deallocated, 

dye determination is m ade in block 713, execution pro- The remainder of the call is processed as a normal ana- 

ceeds to decision block 717 where it is determined log calL 

whether the CLID is in a personal name list, stored for Returning to block 731 (FIG. 4), if the called station 

example in control unit 11 of switch 100 (FIG. 1). If the 5 is not a CA analog speakerphone but rather a conven- 

. CLID is in a personal name list, execution proceeds to tional analog set, for example, station 23 (FIG. 1), exe- 

block 718 (FIG. 3) and the personal name for use from cution proceeds to block 734 (FIG. 4) and a distinctive 

the calling DN is determined (this feature allows the alerting or ringing signal is transmitted on line 24 (FIG. 

association of personal names with different calling 1) to station 23. In decision block 733 (FIG. 5), a deter- 

DNs for a given called DN). In block 719, an available 10 initiation is made of whether the subscriber at station 23 

text-to-speech unit, e.g., 117 (FIG. 1), is allocated. A (FIG. 1) answers or the caller disconnects. If the caller 

variable, ANNOUNCE, is set equal to "PERSONAL disconnects, execution proceeds to block 735' (FIG. 5) 

NAME" in block 720 (FIG. 3) and ringback is gener- and alerting stops. It on the other hand, the subscriber 

ated to the caller in block 716. answers, execution proceeds to decision block 736. If 

Returning to block 717, if the CLID is not in a per- 15 the subscriber flashes or transmits a dual tone multi-fre- 
sonal name list, execution proceeds to block 721 and a quency (DTMF) digit, execution proceeds from block 
calling party name (CPN) query is launched (either via 736 to block 738 and a connection is established be- 
signaling network 300 (FIG. 1) to database 400 or via tween the caller and the called subscriber without call 
X.25 link 25 to database 500) to determine a calling announcement If no flash or DTMF signaling is de- 
party name associated with the calling station. In block 20 tected in block 736, execution proceeds, to block 740 
722 (FIG. 3), an available text-to-speech unit is alio- and the allocated text-to-speech unit is connected to 
cated. Execution proceeds to decision block 723 where analog line 24 (FIG. 1). (Alternatively, as shown in 
a determination is made of whether the CPN is private. block 745. (FIG. block 745 (FIG. 5) active subscriber 
If the CPN is private, the variable, ANNOUNCE, is set participation, flash or DTMF signaling, may be re- 
equal to "UNLISTED NAME" in block ; 724 and ring- 23 quired to .proceed to.block 740.) In block 741, the text 
back is generated to the caller in block 716. If the CPN comprising the variable, ANNOUNCE, is used to gen- 
is not private, execution proceeds to decision block 725 erate speech signals for transmission to station 23 (FIG. 
to determine whether text comprising the CPN is now 1) and the text-to-speech unit is thereafter deallocated, 
available. If there is no CPN listed in the database or if In decision block 742 (FIG. 5), detection of flash or 
a timeout occurs, execution proceeds from block 725 to 30 DTMF signaling during the announcement results in a 
block 727 where the variable, ANNOUNCE, is set termination of the announcement and a branch to block 
equal to ICLID, the calling number. If in block 725 it is 738 where the caller and the called subscriber are con- 
determined that the CPN has been obtained, execution nected. Processing waits in block 739 for the caller or 
proceeds to block 726 and the variable, ANNOUNCE, the called subscriber to disconnect, 
is set equal to "NAME", the obtained CPN. As an 35 If, in decision block 742, no flash or DTMF signaling 
alternative, in block 726', the variable, ANNOUNCE, is is detected during the announcement, execution pro- 
set equal to the obtained "NAME" plus ICLID, the ceeds to decision block 743. If the called subscriber 
calling number. Execution proceeds to block 716 and disconnects, execution proceeds to block 737 and pro- 
ringback is generated to the caller. cessing waits for the caller to also disconnect. (Alterna- 

Returning to block 713, if a positive determination is 40 tively as shown by block 744, after subscriber discon- 

made indicating that the call is a toll call without CLID, nect is detected in block 743, the call may be routed to 

execution proceeds to block 714 and the variable, AN- a message center; A text-to-speech header message, for 

NOUNCE, is set equal to "LONG DISTANCE example speech signals representing the variable, AN- 

CALL". An available text-to-speech unit is allocated in NOUNCE, and a time stamp may be transmitted to the 

block 715 and ringback is generated to the caller in 45 message center to assure accurate caller and time-of-call 

block 716. identification. The caller is then connected to the mes- 

From block 716, execution proceeds to decision sage center to leave a message.) Returning to block 743, 

block 728 (FIG. 4) where it is determined whether the if the subscriber does not disconnect within a defined 

called station is a call announcement (CA) ISDN set, time period, or if the subscriber flashes or transmits a 

for example, station 11 (FIG; 1); If the called station is 50 DTMF digit, execution proceeds from block 743 to 

a CA ISDN set, execution proceeds to block 729 (FIG. block 738 where the caller and the called subscriber are 

4) and the allocated text-to-speech unit is connected to connected. Processing waits in block 739 for the caller 

an ISDN B -channel on digital subscriber line 12 (FIG. or the called subscriber to disconnect. 
1). In block 730 (FIG. 4), the text comprising the vari- Improved call waiting processing begins with deci-. 

able, ANNOUNCE, is used to generate speech signals 55 sion block block 751 (FIG. 6) where it is determined 

for transmission to station 11 (FIG. 1) and the text-to- whether the call is a toll call without an available 

speech unit is thereafter deallocated. The remainder of CLID. If a negative determination is made in block 751, 

the call is processed as a normal ISDN call. execution proceeds to decision block 751' where it is 

Returning to block 728 (FIG. 4), if the called station determined whether the CLID is available. If the CLID 

is not a CA ISDN set, execution proceeds to decision 60 is not available, the v ariable, ANNOUNCE, is set equal 

block 731 where it is determined whether the called to "CALL WAITING" in block 752'. If the CLID is 

station is a CA analog speakerphone, for example, sta- available, execution proceeds to decision block 753 

tion 21 (FIG. 1). If the called station is a CA analog where it is determined whether the CLID is in a per- 

speakerphone, execution proceeds to block 732 (FIG. 4) sonal name list If the CLID is in a personal name list, 

and the allocated text-to-speech unit is connected to 65 execution proceeds to block 754 and the personal name 

analog line 22 (FIG. 1). In block .733 (FIG. 4), the text for use from the calling DN is determined. In block 755, 

comprising the variable, ANNOUNCE, is used to gen* an available text-to-speech unit, e.g., 117 (FIG. 1), is 

erate speech signals for transmission to station 21 (FIG. allocated. A variable, ANNOUNCE* is set equal to 
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"PERSONAL NAME" in block 756 (FIG. 6) and ring- and time-of-call identification. The second caller is then 

back is generated to the caller in block 757 (FIG. 7). connected to the message center to leave a message.) 

Returning to block 753 (FIG. 6), if the CLID is not in FIG. 8 is a Dow chart of the feature activation and 

a personal name list, execution proceeds to block 758 deactivation processing. In block 801, a subscriber goes 

and a calling party name (CPN) query is launched (ei- 5 off-hook and dials a feature code. In decision block 802, 

ther via signaling network 300 (FIG. 1) to database 400 it is determined whether the dialed feature code is a 

or via X25 link 25 to database 500) to determine a call- (call announcement) CA activation. If it is, the activa- 

ing party name associated with the calling station. In tionis effected in block 803. If the feature code is not a 

block 759 (FIG. €), an available text-tc-speech unit is CA activation, execution proceeds to decision block 

allocated. Execution proceeds to decision block 760 W 804, where it is determined whether the dialed feature 

where a determination is made of whether the CPN is code is a CA deactivation. If it is, the deactivation is 

private. If the CPN is private, the variable, AN- effected * block 805 - U ** f « lture 1 code » ° ot ■ 

NOUNCE, is set equal to "CALL WAITING" in deactivation execution proceeds to decision block 806, 

block 761 and ringback is generated to the caller in where « 18 determined whetherthe dialed fea^ecode 

Kw.IftheCPNisnotprivate.executionproceeds « «anmiprovedcaUjvau^g(IC^ 

to decision block 763 to determine whether the text activations effected in block 807. If the feature code * 
lu.ucwvuuu . . r , t . ■ not an ICW activation, execution proceeds to decision 

^ff^KSJLdv^'^ dialed 

CPNhstedui ^database ^^^^^^ feature code is an ICW deactivation. If it is, the deacti- 

fa0n 76 f , ^atT wl^ 20 vation is effected in block 809. If the feature code is not 

y ^ l %^°y?^^ ^ ? A ^ rPi^T; an ICW deactivation, execution proceeds to block 810 

ING". If in block 763 it iso^termined the CPN has for feamrc codc proc ^ mg . 

been obtame^ execution proceeds to block 764and tte mQ g u ^ ^ of , SDN ^^hone 

variable, A^OUNCE, is set equal to NAME the ^ ^ ^ B ^ hannels ^ the D ^ h annel on 

obtained CPN. Execution proceeds to block 757 (FIG. ^ digital subscribcr ^ u ar e demultiplexed onto sepa- 

7) and ringback is generated to the caller. .rate paths 921, 922, and 923 by a spUtter/combiner 901. 

Returning to block 751 (FIG. 6), if a positive detenni- ^ ^ preseQt mustrative embodiment, the 64 kilobits 

nation is made indicating that the call is a toll call with- per B-channel on pat h 921 is used exclusively for 

out CLID, execution proceeds to block 752 and the conveying digitized speech signals. The digital signals 

variable, ANNOUNCE, is set equal to "LONG DIS- 3Q m converted t0 analog sp eech signals by a 64 kilobits 

TANCE CALL". An available text-to-speech unit is per second coder/decoder (codec) and are transmitted 

allocated in block 762 and ringback is generated to the ^ a sw itch 903 to the transmitter of handset 904 for 

caller in block 757 (FIG. 7). . audible speech transmission. In the reverse direction, 

From block 757, execution proceeds to decision ^ analog speech signals generated from audible speech 

block 766 where a determination is made of whetherthe 35 b y the receiver of handset 904 are transmitted via 

called station is a C A ISDN set. If the station is a CA sw itch 903 for coding by codec 902 into a 64 kilobits per 

ISDN set, for example station 11 (FIG. 1), execution second digitized speech signal on path 921. The B-chan- 

proceeds to block 767 (FIG. 7) where the allocated ne j 0 f patn 921 is multiplexed onto DSL 12 by splitter/- 

text-to-speech unit is connected to an ISDN B-channel combiner 901. 

on DSL 12 (FIG. 1). In block 768 (FIG. 7), the text 40 h the present embodiment, the 64 kilobits per second 
comprising the variable, ANNOUNCE, is used to gen- B-channel on path 922 is used for either voice or data 
erate speech signals for transmission to station 11 (FIG. depending on the position of a voice/data switch 905. 
1) and the text-to-speech unit is thereafter deallocated. The voice signals on path 922 are used for call an- 
If the determination made in block 766 (FIG. 7) indi- nouncement When switch 905 is positioned to connect 
cates that the called station is not a CA ISDN set, for 45 pa th 922 with a code 907, digitized speech signals on 
example conventional analog station 23 (FIG. 1). cxecu- path 922 are converted to analog signals by codec 907. 
tion proceeds to block 769 (FIG. 7) where the first The digitized speech signals on path 922 may also be 
caller and the called subscriber are. disconnected. In stored in a buffer 906 under the control of station set 
block 770 the allocated text-to-speech unit is connected controller 909. When a speaker switch 908, operated 
to the called subscriber. In block 771, the text compris- 30 under the control of a station set controller 909, con- 
ing the variable, ANNOUNCE, is used to generate nects codec 907 to speaker 19, the analog. speech signals 
speech signals for transmission to station 23 and the generated by codec 907 are transmitted to speaker 19 
text-to-speech unit is thereafter deallocated. In block for audible speech transmission. Station set controller 
772, the first caller and the called subscriber are recon- 909 operates speaker switch 908 to connect codec 902 to 
nected and execution proceeds to decision block 773 55 speaker 19 when station 11 is being used in speaker- 
where it is determined whether the called subscriber phone mode. When B-channel path 922 is not being 
flashes. If the called subscriber flashes, indicating a used for call announcement voice signals, it may be used 
desire to interrupt the conversation with the first caller, to convey digital data to a data terminal 901, via voice/- 
execution proceeds from block 773 to block 774 and the data switch 905 operated under the control of station set 
second caller and the called subscriber are connected. If 60 controller 909. 

no flash is detected in block 773, the connection be- The D-channel on path 923 is used for user packet 

tween the first caller and the called subscriber is main- data and for control communication between station set 

tained. (As an alternative, if no flash is detected in block controller 909 and control unit 111 (FIG. 1). 

773 within a defined time, the second caller may be The operation of ISDN station 11 for call announce- 

routed to a message center. A text-to-speech header 65 ment is now described. Switch 903 is in the position 

message, for example speech signals representing the shown in FIG. 9 since the switch-hook is in the on-hook 

variable, ANNOUNCE, and a time stamp may be trans- state (handset 904 is not lifted and the switch on the 

mitted to the message center to assure accurate caller speakerphone microphone (not shown) is turned OFF). 
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A call announcement setup message, received on the 
D-channel of DSL 12, is conveyed via splitter/com- 
biner D01 and path 923 to station set controller 909. In 
response, controller 909 operates switch 905, to connect 
path 922 to codec 907, and switch 908, to connect codec 
907 to speaker 19. Controller 909 then returns a ready 
message via path 923 and splitter/combiner 901 to the 
D-channel of DSL 12. Digitized speech signals repre- 
senting the calling party name, for example, are then 
received on a B-channel of DSL 12. The digitized 
speech signals are conveyed via splitter/combiner 901, 
path 922, and switch 905 to codec 907. The correspond- 
ing analog speech signals are transmitted from codec 
907 and switch 908 to speaker 19. The calling party 
name is announced at station 1L The digitized speech 
signals on path 922 are also stored by buffer 906. The 
stored signals are repetitively retransmitted to codec 
907 such that the filing party name announcement is 
repeated until the call is answered. The calling party 
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Lightning protection circuit 1001, polarity guard 
circuit 1003, hybrid/dialer/balance circuit 1004, ringer 
1012, and voice direction detection circuit 1007 are part 
of the standard speakerphone station set 

Switch 100 (FIG. 1) generates the call announcement 
speech signals by connecting a text-to-speech unit in 
parallel with the switch 100 ringing voltage generator 
(not shown). During the silent interval of the ring cycle 
(FIG. 11), the text-to-speech unit generates an audio 
signal which is sent over tip and ring of analog line 22 to 
station 21. 

It is to be understood that the above-described ar- 
rangements are merely illustrative of the principles of 
the invention and that many variations may be devised 
by those skilled in the art without departing from the 
spirit and scope of the invention. For example, an an- 
nouncement unit using voice recordings of calling party 
names may be used rather than a text-to-speech unit in 
some applications. It is therefore intended that such 
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name announcement is used in place of, or in addition 20 Vi f£" * mcluded scope of the cl aims * 

to, normal ringing at station 11. Once the called party claim, 
answers— Le., goes off-hook by lifting handset 904 or 
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turning the switch on the speakerphone microphone 
(not shown) ON, switch 903 is closed, answer signaling, 
for example a CONNECT message, is transmitted on 
the D-channel of DSL 12, and the call announcement is 
discontinued. Switch 905 may be repositioned to allow 
the B-channel on path 922 to be used for digital data. 
Switch 908 may be repositioned to allow the speech 3Q 
signals for the voice conversation to be transmitted to 
speaker 19. (Alternatively,, the call announcement 
speech signals may be transmitted over the same B- 
channel as the speech signals for the subsequent voice 
conversation.) 

Station 11 may also be used for call announcement 
during an existing call in accordance with the improved 
call waiting feature described herein. The operation is 
similar to that described except that switch 903 is closed 
to convey the voice conversation of the existing call at 40 
the time the call announcement setup message is re- 
ceived on the D-channel of DSL 12. 

FIG. 10 is a block diagram of analog speakerphone 
station 21, which is specially adapted for call announce- 
ment. Station 21 is a standard speakerphone (having a 45 
handset receiver 1005 and transmitter 1006 and a speak- 
erphone microphone 1008 and speaker 29) with the 
following additions. Preceding switch-hook contacts 
1002-1 and 1002-2 and in parallel with ringer 1012, is a 
ringing voltage blocking circuit 1011 which blocks 
ringing voltage by either completely eliminating it or by 
attenuating or clipping to a low level signal. Circuit 
1011 passes unaffected low-level, voice frequency sig- 
nals on the tip and ring conductors of analog line 22. 
Circuit 1011 has a high input impedance to assure that 
switch 100 (FIG. 1) does not falsely detect off-hook 
from station 21. A differential amplifier 1010 provides 
isolation, amplifies the voice-frequency signal, and ref- 
erences it to ground. Additional switch-hook contacts 
1002-3 connect the speakerphone speaker 29 to the 60 
output of voice direction detection circuit 1007 when 
the line is on-hook and connects speaker 29 to the out- 
put of differential amplifier 1010 when the line if off- 
hook. (Note that for an analog station that is not a 
speakerphone, switch-hook contacts 1002-3 need only 65 
disconnect differential amplifier 1010 from a special 
speaker used for call announcement so that normal 
conversational , voice signals are not output thereto.) 
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L A method of processing a call from a calling com- 
munication station to a called communication station 
comprising 

in response to said call, effecting a search for informa- 
tion associated with said calling station, 

transmitting speech signals, generated from informa- 
tion obtained during said search, to said called 
station, and 

in response to disconnect signaling from said called 
station, transmitting speech signals representing 
call information, including said obtained informa- 
tion, to a message center. 

2. A method in accordance with claim 1 further com- 
prising 

after transmitting said speech signals representing call 
information, completing a communication path 
between said calling station and said message cen- 
ter. 

3. A method in accordance with claim 1 wherein said 
call information further includes a timestamp. 

4. A method in accordance with claim 1 wherein said 
obtained information comprises text. 

5. A method in accordance with claim 1 wherein said 
obtained information comprises recorded speech. 

6. A method in accordance with claim 1 wherein said 
obtained information comprises a name associated with 
said calling station, and wherein said speech signals 
transmitted to said called station represent said name. 

7. A method in accordance with claim 1 wherein said 
obtained information comprises a directory number 
associated with said calling station, and wherein said 
speech signals transmitted to said called station repre- 
sent said directory number. 

8. A method in accordance with claim 1 wherein said . 
obtained information comprises a name and a directory 
number associated with said calling station, and 
wherein said speech signals transmitted to said called 
station represent said name and. said directory number. 

9. A method of processing a call from a calling com- 
munication station to a called communication station 
comprising 

in response to said call, effecting a search for informa- 
tion associated with said calling station, 

determining whether said called station is busy on 
another call, 

upon determining that said called station is busy on 
another call, disconnecting a communication: path 
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between a calling communication station for said 
another call and said called station, 

after disconnecting said communication path, trans- 
mitting speech signals, generated from information 
obtained during said search, to said called station, 5 

after transmitting said speech signals to said called 
station, completing a communication path between 
said last-mentioned calling station and said called 
station, and 

after said completing and in response to receipt of 1° 
signaling from said called station, completing a 
communication path between said first-mentioned 
calling station and said called station. 
10. A method in accordance with claim 9 wherein 
said signaling comprises flash signaling. 

1L A method in accordance with claim 9 wherein 
said obtained information comprises text 

12. A method in accordance with claim 9 wherein 
said obtained information comprises recorded speech. 

13. A method in accordance with claim 9 wherein 
said obtained information comprises a name associated 
with said calling station, and wherein said speech sig- 
nals transmitted to said called station represent said 
name. 

14. A method in accordance with claim 9 wherein 
said obtained information comprises a directory number 
associated with said calling station, and wherein said 
speech signals transmitted to said called station repre- 
sent said directory number. 

15. A method in accordance with claim 9 wherein 
said obtained information comprises a name and a direc- 
tory number associated with said calling station, and 
wherein said speech signals transmitted to said called 
station represent said name and said directory number. 

16. A method in accordance with claim 9 wherein 
said obtained information comprises a privacy indica- 
tor, and wherein said speech signals transmitted to said 
called station represent a definition of unavailability of a 
calling party name for said call. 

17. A method in accordance with claim 9 wherein 
said obtained information defines said call from said 
calling station as a toll call, and wherein said speech 
signals transmitted to said called station represent a 
definition of said call as a toll call. 

18. A method of processing a call from a calling com- 
munication station to a called communication station 
comprising 

in response to said call, effecting a search for informa- 
tion associated with said calling station, 

determining whether said called station is busy on 
another call, 

upon determining that said called station is busy on 
another call, disconnecting a communication path 
between a calling communication station for said 
another call and said called station, 

after disconnecting said communication path, trans- 
mitting speech signals, generated from information 
obtained during said search, to said called station, 

after transmitting said speech signals to said called 60 
station, completing a communication path between 
said last-mentioned calling station and said called 
station, and 

after said completing and in response to receipt of 
signaling from said called station, disconnecting 
said completed communication path and complet- 
ing a communication path between said first-men- 
tioned calling station and said called station. 
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19. A method of processing a call from a calling com- 
munication station to a called communication station 
comprising 

in response to said call, effecting a search for informa- 
tion associated with said calling station, 

determining whether said called station is busy on 
another call, 

upon detennining that said, called station is busy on 
another call, disconnecting a communication path 
between a calling communication station for said 
another call and said called station, 

after disconnecting said communication path, trans- 
mitting speech signals, generated from information 
obtained during said search, to said called station, 

after transmitting said speech signals to said called 
station, completing a communication path between 
said last-mentioned calling station and said called 
station, and 

after said completing and in response to expiration of 
a predefined time period without receiving signal- 
ing from said called station, transmitting speech 
signals representing call information, including said 
obtained information, to a message center. 

20. A method in accordance with claim 19 further 
comprising 

after transmitting said speech signals representing call 
information, completing a communication path 
between said first-mentioned calling station and 
said message center. 

21. A method of processing a call from a calling com- 
munication station to a called communication station 
comprising 

in response to said call, effecting a search for informa- 
tion associated with said calling station, 

transmitting speech signals, generated from informa- 
tion obtained during said search, to said called 
station, and 

in response to disconnect signaling from said called 
station, transmitting call information, including 
said obtained information, to a message center. 

22. A method of processing a call from a calling com- 
munication station to a called communication station 
comprising 

in response to said call, effecting a search for informa- 
tion associated with said calling station, 

transmitting information obtained during said search 
to said called station, and 

in response to disconnect signaling from said called 
station, transmitting call information, including 
said obtained information, to a message center. 

23. A method of processing a call from a calling com- 
munication station to a called communication station 
comprising 

in response to said call, effecting a search for informa- 
tion associated with said calling station, 

detennining whether said called station is busy on 
another call, 

upon determining that said called station is busy on 
another call, disconnecting a communication path 
between a calling communication station for said 
another call and said called station, 

after disconnecting said communication path, trans- 
mitting speech signals, generated from information 
obtained during said search, to said called station, 

after transmitting said speech signals to said called 
station, completing a communication path between 
said last-mentioned calling station and said called; 
station, and 
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after said completing and in response, to expiration of 
a predefined time period without receiving signal- 
ing from said called station, transmitting call infor- 
mation, including said obtained information, to a ' 
message center. 

24. Apparatus for processing a call from a calling 
communication station to a called communication sta- 
tion comprising 

switching means connectable to said calling and 10 
called stations, and 

control means for controlling said switching system 
and operable under control of a program for con- 
trolling the following operations: 

in response to said call, effecting a search for informa- 1 5 
tion associated with said calling station, 

detennining whether said called station is busy on 
another call, 

upon determining that said called station is busy on 
another call, disconnecting a communication path 20 
of said switching means between a calling commu- 
nication station for said another call and said called 
station, 

after disconnecting said communication path, trans- ^ 
mitting speech signals, generated from information 
obtained during said search, to said called station, 

after transmitting said speech signals to said called 
station, completing a communication path of said 
switching means between said last-mentioned call- 30 
ing station and said called station, and 

after said completing and in response to receipt of 
signaling from said called station, completing a 
communication path of said switching means be- 



tween said first-mentioned calling station and said 
called station. 

25. Apparatus for processing a call from a calling 
communication station to a called communication sta- 
tion comprising 

switching means connectable to said calling, and 
called stations, and 

control means for controlling said switching system 
and operable under control of a program for con- 
trolling the following operations: 

in response to said call, effecting a search for informa- 
tion associated with said calling station, 

transmitting speech signals, , generated from informa- 
tion obtained during said search, to said called 
station, and . 

in response to disconnect: signaling fr^om said called 
station, transmitting call information, including 
said obtained information, to a message center. 

26. Apparatus for processing a call from a callin g 
communication station to a called communication sta- 
tion comprising 

switching means connectable to said calling and 
called stations, and 

control means for controlling said switching system 
and operable under control of a program for con- 
trolling the following operations: 

in response to said call, effecting a search for informa- 
tion associated with said calling station, . 

transmitting information obtained during said search 
to said called station, and 

in response to disconnect signaling, from said called 
station, transmitting call information, including 
said obtained information, to a message center. 
***** 
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